An efficient method of transforming a discrete Fourier transform (DFT) into a constant Q transform, where Q is the ratio of center frequency to bandwidth, has been devised. This method involves the calculation of kernels that are then applied to each subsequent DFT. Only a few multiples are involved in the calculation of each component of the constant Q transform, so this transformation adds a small amount to the computation. In effect, this method makes it possible to take full advantage of the computational efficiency of the fast Fourier transform (FFT). Graphical examples of the application of this calculation to musical signals are given for sounds produced by a clarinet and a violin. 
In many cases, such as that of musical signals, a constant Q transform gives a better representation of spectral data than the computationally efficient fast Fourier transform. Various solutions to this problem using constant Q filterbanks or a "bounded Q" Fourier transform have been proposed (Harris, 1976; Schwede, 1983; Mont-Reynaud, 1985) . The music group at Marseilles has proposed a "wavelet transform" (Kronland-Martinet, 1988). Brown (1991) describes results applied to musical signals based on a direct evaluation of the DFT for the desired components.
We have calculated a constant Q transform based on transforming a fast Fourier transform into the log frequency domain. The FFT is calculated using a standard FFT program, and the entire calculation takes only slightly longer to run than the FFT since there are few operations involved in the computation of the transformation. The transformation is based upon the following. A constant Q transform can be calculated directly (Brown, 1991 ) by evaluating: We have estimated the run time for our algorithm with calculations carried out on a 40-MHz Intel i860 using a hand-coded routine. With a 512-point FFT and quarter tone spacing over three octaves, the FFT takes 343/zs and the transform 166 -I-2/xs (measured on an oscilloscope). This can be compared to a time advance of 25 ms between frames, so the calculation can easily be carried out in real time. In a subsequent article, we shall describe approximations which increase the computational efficiency and are appropriate for the application of fundamental frequency tracking.
Although we only discuss the case of constant Q and centered windows here, it is sometimes useful to make other choices. For example, for low center frequencies one often wishes to decrease Q in order that the temporal kernels do not exceed a given length of time. This requirement usually arises from a need for temporal precision and is not related to our method of calculating the transform. For real-time applications, in which delay must be kept to a minimum, the temporal kernels may be aligned to the end of the sample window instead of centering them. Fig. 8 . We have chosen these particular sounds as examples since they will be used for fundamental frequency tracking in a subsequent article.
